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(54) Speech reproducing system 

(57) In a speech reproducing system, a speech 
coder (1) . receives an input speech signal to output a 
speech coded information including a pitch information 
of the input speech signal and a mode information indic- 
ative 01 a short-time characte^ristics of the input speech 
signal, and a speech decoder (2) receives and decodes 
the speech coded information to generate a decoded 
speech signal. A speech-rate converter (3) receives the 
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pitch information and the mode information included in 
the speech coded information and the decoded speech 
signal, to convert the speech-rate of the decoded 
speech signal by using the pitch information and the 
mode information, thereby to generate an output 
speech signal. 
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Description 

Background of the Invention 

Field of the invention 

The present invention relates to a speech reproduc- 
ing system configured to decode a speech coded infor- 
mation which is outputted from a speech coder by 
coding an input speech signal and which includes a 
pitch information and a mode information which is a 
short-time characteristics of the speech, obtained by 
analyzing the input speech signal, and furthermore to 
convert a speech- rate of a decoded speech signal, so 
as to generate an output speech signal. More specrfi- 
cally, the present invention relates to a speech repro- 
ducing system capable of reducing the amount of 
computation and of minimizing deterioration of the 
speech quality in reproducing a speech signal outputted 
after coding and decoding, as in an automatic answer- 
ing telephone set having a solid state recording-repro- 
ducing device, by modifying only the speech-rate 
without changing the pitch (or frequency) of^he speech 
or the timbre of the speech 

Description of related art 

In the prior art, a technology of coding a speech sig- 
nal to compress the amount of data is widely utilized in 
order to realize an efficient transmission and an efficient 
storage. 

For example, as the speech coding system capable 
of obtaining a high compression ratio, a CELP (Code 
Excited Linear Prediction) system can be exemplified, 
which is disclosed in detail by. for example. Ozawa. 
"Speech Coding Technology" included in the Japanese 
language book "Mobile Communication Digitizing Tech- 
nology", which is called a "Reference 1" in this specifi- 
cation and the content of which is incorporated by 
reference in its entirety into this application. 

In brief, in this CELP scheme, an input speech sig- 
nal is coded by obtaining information of a spectrum 
component of the input speech signal in accordance 
with a linear predictive analysis, and by vector -quantiz- 
ing information of a sound source signal by use of an 
adaptive codebook and a source source codebook. In a 
decoding, a LPC (Linear Predictive Coding) filter 
obtained by the linear predictive analysis, is excited in 
accordance with a quantized vector obtained from an 
adaptive codebook and a source codebook. so that a 
speech signal is obtained. In the vector-quantization 
based on the adaptive codebook, there is obtained a 
delay information which is a period of a repetitive com- 
ponent in the speech, and the quantized vector is 
described using the adaptive code vector which is the 
repetitive component having the period of the delayed 
information. Thus, a quantizing efficiency is elevated. 

In addition, an M-LCELP (Multimode-Learned 
CELP) system is disclosed by Ozawa et al, "4kbps high 



quality M-LCELP speech coding". NEC Technical Dis- 
closure Bulletin. Vol. 48, No. 6. which is called a "Refer- 
ence 2" in this specification and the content of which is 
incorporated by reference in its entirety Into this applica- 

5 tion. In this system, mode information expressed by no 
sound or a no-sound portion, a transient portion, a weak 
steady portion of a voiced sound, or a steady portion of 
the voiced sound, is determined by using a basic period 
of the speed or the like, and the adaptive codebook or 

w the sound source codebook is switched over for each 
one of the modes. 

Now. an example of the speech coder of the M- 
LCELP scheme will be described with reference to Fig. 

1 . which is a block diagram illustrating a fundamental 
75 principle of the speech coder of the M-LCELP scheme. 

The speech coder generally designated with Refer- 
ence Numeral 10, includes a linear predictive analyzer 
1 1 receiving an input speech signal Vin to conduct a lin- 
ear predictive analysis for the input speech signal Vin 

20 for each frame having a constant time length, so that a 
linear predictive coding LPC is obtained. The speech 
coder 10 also includes a mode discriminator 12 receiv- 
ing the input speech signal Vin to determine, on the 
basis of the strength of a basic period of the speech in 

25 the frame, a speech mode information M indicative of no 
sound or a no-sound portion, a transient portion, a weak 
steady portion of a voiced sound or a steady portion of 
the voiced sound. 

All adaptive codebook retrieval unit 13 receives the 

30 input speech signal Vin, the linear predictive coding 
LPC and the mode information M, and generates a 
delay information AC indicative of a repetitive compo- 
nent of the speech. A sound codebook retrieval unit 14 
receives the input speech signal Vin, the linear predic- 

35 five coding LPC, the mode information M arxJ the delay 
information AC, and refers to a sound source codebook 
41. to output a sound source code EC which is a sound 
source information. 

A signal output unit 1 5 receives the linear predictive 

40 coding LPC. the mode information M. the delay informa- 
tion AC, and the sound source code EC, and outputs a 
speech coded information IDX having a predetermined 
format including the linear predictive coding LPC, the 
mode information M, the delay information AC, and the 

45 sound source code EC. 

Now, an example of the speech decoder of the M- 
LCELP scheme will be described with reference to Fig. 

2, which is a block diagram illustrating a fundamental 
principle of the speech decoder of the M-LCELP 

so scheme. 

In the speech decoder generally designated with 
Reference Numeral 20. a signal input unit 21 receives 
the speech coded information IDX and outputs the lin- 
ear predictive coding LPC, the mode information M. the 

55 delay information AC. and the sound source code EC. 

An adaptive codebook decoder 22 receives the 
mode information M and the delay information AC, to 
decode and reproduce an adaptive code vector. A 
sound source codebook decoder 23 receives the mode 
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information M and the sound source code EC to decode 
and reproduce the sound source information with refer- 
ence to a sound source codebook 42. 

An adder 24 receives the adaptive code vector 
decoded by the adaptive codebook decoder 22 and the 
sound source information decoded by the sound source 
codebook decoder 23, and generates an added signal 
S. which is supplied to a synthesizing filter 25 which 
also receives the linear predictive coding LPC from the 
signal input unit 21 . The synthesizing filter 25 generates 
a decoded speech signal Vqec- 

On the other hand, a speech-rate converting tech- 
nology for reproducing a speech when the same 
speaker spoke quickly or slowly, without changing the 
pitch (or frequency) of the speech or the timbre of the 
speech, is used in a video tape recorder, a hearing aid. 
or an automatic answering telephone set. 

As regards this speech-rate converting technology, 
various applications were proposed by Kato, "Speech- 
rate Converting Technology entered into Actual Use 
Stage, to Fundamental Function of Speech Output 
Instruments". Nikkei Electronics, No. 622. November 
1994 (which is called a "Reference 3" in this specifica- 
tion and the content of which is incorporated by refer- 
ence in its entirety into this application). 

Many speech-rate converting systems used in 
these applications are based on a TDHS (Time Domain 
Harmonic Scaling) scheme. This TDHS scheme is con- 
figured to slice the speech signal for each pitch and to 
make a window processing, and then to superpose the 
sliced signals, as shown by, for example, Furui, "Digital 
Speech Processing" published from Tokai University 
Publishing Company in 1985 (which is called a "Refer- 
ence 4" in this specification and the content of which is 
incorporated by reference in its entirety into this applica- 
tion). 

Now. the TDHS scheme will be described with ref- 
erence to Figs. 3A and 3B. 

Fig. 3A illustrates the TDHS processing for multiply- 
ing the input speech signal by 1/2. As shown in Fig. 3 A, 
the input speech signal is sliced out in units of two 
pitches, and a window function processing is con- 
ducted, and thereafter, the sliced two pitches of speech 
signal thus processed are superposed to generate an 
output speech signal. After this series of processings 
are completed, next two pitches of speech signal are 
supplied, and the above mentioned TDHS processing is 
conducted again. 

Thus, since each two pitches of the speech signal is 
outputted as one pitch of speech signal, the length of 
the signal is shortened to one half. 

Fig. SB illustrates the TDHS processing for multiply- 
ing the input speech signal by 2. As shown in Fig. SB, 
the input speech signal is sliced out in units of two 
pitches, and one pitch of two pitches of speech signal 
thus obtained is outputted as it is. On the other hand, a 
window function processing is conducted for the sliced 
two pitches of speech signal, and thereafter, the sliced 
two pitches of speech signal thus processed are super- 



posed to generate an output speech signal, which is 
coupled to the first one pitch of speech signal . After this 
series of processings are completed, a next one pitch of 
speech signal is supplied, and the above mentioned 

5 TDHS processing is conducted again. 

Thus, since each two pitches of the speech signal is 
outputted as four pitches of speech signal, the length of 
the signal is elongated to two times. 

Next, a prior art speech-rate converter will be 

10 described with reference to Fig. 4, which is a block dia- 
gram of the speech-rate converter disclosed by Japa- 
nese Patent Application Pre-examination Publication 
No. J P-A- 1-093795, (which is called a "Reference 5" in 
this specification and the content of which is incorpo- 

75 rated by reference in its entirety into this application, 
and an English abstract of JP-A-1 -093795 is available 
from the Japanese Patent Office, and the content of the 
English abstract of JP-A-1 -093795 is also incorporated 
by reference in its entirety into this application). 

20 The speech-rate converter shown is generally des- 
ignated by Reference Numeral 300, and includes a 
waveform editor 32, a pitch extractor 33 and a speech 
short-time characteristics discriminator 34. 

The pitch extractor 33 receives an input speech sig- 

25 nal Vdec and obtains a pitch information T by use of an 
autocorrelation method. The speech short-time charac- 
teristics discriminator 34 receives the Input speech sig- 
nal Vdec. srid executes at least one of a discrimination 
as to whether or not a speech power exists, a PARCOR 

30 (Partial Autocorreltion) analysis, and a zero-crossing 
analysis, and discriminates in which of a vowel period, a 
voiced consonant period, a voiceless consonant period, 
a no-sound period the input speech signal Vq^c 'S. so 
that the speech short-time characteristics information 

35 BP is outputted. 

The waveform editor j32 receives the input speech 
signal Vqec. ^^e pitch information T and the speech 
short-time characteristics information SP, and conducts 
the speech-rate converting processing as disclosed in 

40 "Reference 5" for the input speech signal Vqeo on the 
basis of the pitch information T and the speech short- 
time characteristics information SP. Namely, a thinning- 
out processing and a repeating processing of the wave- 
form is conducted. Thus, an output speech signal Vqut 

45 is generated. 

The prior art speech reproducing system is con- 
structed to code the speech, to store the coded speech, 
to decode the stored coded speech, and thereafter to 
conduct the speech-rate conversion, for the purpose of 

50 reproducing the speech, as in the automatic answering 
telephone set having a solid state recording-reproduc- 
ing device. 

Now. the prior art speech reproducing system will 
be described with reference to Figs. 1 . 2 and 4 and also 
55 with reference to Fig. 5. which is a block diagram illus- 
trating the speech reproducing system obtained by 
combining the speech coder 10. the speech decoder 20 
and the speech-rate converter 300. 

As described with* reference to Fig. 1, the speech 
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coder 10 codes and compresses the input speech sig- 
nal Vin by use of the M-LCELP scheme.- to output the ' 
speech coded information IDX, which can be stored in a 
memory (not shown) or the like. As desaibed with refer- 
ence to Fig. 2, the speech decoder 20 decodes the' 
speech coded information (DX (which can be, read out 
from the memory (not shown)) by use of the M-LCELR r 
scheme, to output the decoded speech signal Vqec- As 
described with reference to Fig. 4, the speech-rate con- 
verter 300 conducts .the speech-rate converting 
processing to the decoded speech signal Vqec* to Q^^' 
erate the output .speech signal Vquj. - - 

The above mentioned prior art speech reproducing 
system includes the speech-rate converter which 
receives the decoded speech signal obtained by decod- 
ing the coded signal which is obtained by coding the 
speech signal by use of the' M-LCELP scherhe; • and ' 
which executes the speech-rate ^converting processing • 
to the received decoded -speech signal - in accordance ' 
with the TDHS scheme.^ In this speech-rate'-'converter. 
as mentioned above, the pitch extractor 33 ''obtains 'the 
pitch information T by use' of the autocorrelation method- 
or another. T^ie speech short-time characteristics dis- ' 
criminator executes the discrimination as to whether or ' 
not a speech power existsT the'PARCOR analysis, and 
the zero-crossing analysis, to generate the speech 
short-time characteristics information. " ■ ■ ' = 

In this arrangement, however; the amount of com- 
putation conducted in the pitch extractor for obtaining 
the pitch information and the amount of computation 
conducted in the speech short-time characteristics dis-" 
criminator for obtaining the speech short-time charac- 
teristics information, are generally large, and therefore, 
a large amount' bf pi^ogram' arid a Marge amount of 
processing time are required. This is disadvantageous.* 

In addition; there* is- possibility that the' speech 
based on the decoded speech signal processed by the 
M-LCELP scheme is deteriorated in comparison with an 
original speech. If it is deteriorated, an effective pitch 
information and an' effective speech short-time charac- 
teristics information required for* the speech-rate con- 
verting processing;' may not' be obtained, resulting In 
high possibility thaf the output speech signal- has a" 
sound quality deteriorated in comparison with an origi- 
nal speech. 

Summary of the Invention 

Accordingly, it is an object of the present invention 
to provide a speech" reproducing system which has 
overcome the above mentioned defect of the conven- 
tional one. 

Another object of the present invention is to provide 
a speech reproducing systerh capable of minimizing the 
amount of computation and tKe deterioration^ bif the 
speech quality'ih 'a prdcess'of reproducifig^a' speech 
signal, by a speech-rate converting processing which 
modifies only the speech-rate of the decoded speech 
signal obtain'ed'-Mef^codinV'and'diBcodihg," 
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changing the pitch (or frequency) of the speech or the 
■ timbre of the speech. 

The above arxi other objects of the present inven- 
- tion are achieved in accordance with the present inven- 
5 tion by a speech reproducing system comprising a' 
' : Speech coder receiving an input speech signal to output 
■ * a speech coded information including a pitch informa- 
tion of the input speech signal and a mode information 
indicative of a 'short-time characteristics of the input 
10 speech signal, a speech.'decoder receiving and decod- 
' ing the speech coded information to generate a 
decoded speech signal, and a speech-rate converter 
receiving the decoded speech signal and at least one of 
the pitch information and the mode information included 
IS ' in the speech coded information, to convert the speech- 
rate of the decoded speech signal, thereby to generate 

' - 'an output speech signal. :. ^ i 

W\\h this arrangement. In the speech-rate con- 
verter, it Is possible to make unnecessary at least one or 
both of a means-for extracting the pitch Information and 
a means for generating the short-time* chairacteristics 
information, which require a large amount of compiita- 
lion and which are a cause for deteriorating the sound 
quality • r-h n> . v - 

' The above and other objects, features and advan- 
tages of the present invention will be apparent from the 
following description of preferred embodiments of the 
invention with reference to the accompanying drawings. 

30 Brief Description of the Drawings ' 

Fig. 1 is a block diagram illustrating a' fundamental 
principle of the speech coder of the M-LCELP 
scheme; ■" ' ^ - ■: 

35 ' Fig. 2 is a block diagram illustrating a fundamental 
principle of the speech decoder of the M-LCELP 
scheme; ^ ' ' .*' '// • 
Figs. 3A and 3B illustrate two different TDHS 

• processings: • 

40 Fig. 4 is a block diagram of the prior art speech-rate 

converter; 

* Fig. 5 is a block diagram Illustrating the prior art 
speech reproducing system constituted of the 
speech coder shown in Fig 1, the speech decoder 

45 shown in Fig 2; and the speech-rate converter 

*' shown in Fig' 4; J' * > * 

Fig. 6 is a block diagrarii illustrating a first embodi- 
ment of the speech reproducing system in accord- 
ance with the present invention; ' 

50' • Rg.* 7 is a 'block 'diagram illustrating a second 
embodiment of the speech reproducing system In 
accordance with the present invention; 
Fig. 8 is a block diagram illustrating a third embodi- 
ment of the speech reproducing system in accord- 

55 ance with the present invention: and 

Fig. 9 is a block diagram illustrating a' modification 
of the first embodiment of the speech reproducing 
system. • • ' ' 
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Description of the Preferred embodiments 

Referring to Fig. 6. there is shown a block diagram 
illustrating a first embodiment of the speech reproduc- 
ing system in accordance with the present invention. In 
Fig. 6. elements similar to those shown in Fig. 4 are 
given the same Reference Numerals, and explanation 
thereof will be omitted for simplification of the descrip- 
tion. 

The shown first embodiment includes a speech 
coder i which is the same as the speech coder 10 
shown in Fig. 1 . a speech decoder 2 which is the same 
as the speech coder 20 shown in Fig. 2, and a speech- 
rate converter 3. Therefore, explanation of the speech 
coder 1 and the speech decoder 2 will be omitted for 
simplification of the description. 

The speech-rate converter 3 includes a signal input 
unit 31 receiving the speech coded information IDX 
from the speech coder 1 and extracts the delay informa- 
tion AC and the mode information M from the speech 
coded information IDX to supply the delay information 
AC and the mode information M to a waveform editor 
32. This waveform editor 32 also receives the decoded 
speech signal \/obc lo conduct the speech-rate convert- 
ing processing to the decoded speech signal Vqec on 
the basis of the delay information AC and the mode 
information M supplied from the signal input unit 31. 

As mentioned hereinbefore, the speech coded 
information IDX is transmitted in a predetermined for- 
mat including the delay information AC and the mode 
information M. Therefore, the signal input unit 31 can 
directly extract the delay information AC and the mode 
information M from the speech coded information IDX, 
and accordingly, a special arithmetic and logic operation 
for obtaining the delay information AC and the mode 
information M is not required in the speech-rate con- 
verter 3. 

In addition, in the M-LCELP scheme, when the 
speech signal is coded, the delay information AC 
obtained by the adaptive codebook retrieval unit is the 
repetitive component of the speech as mentioned here- 
inbefore with reference to Fig. 1. Therefore, the delay 
information AC can be furxJamentally used as the pitch 
information. On the other hand, the mode information M 
obtained in the mode discriminator indicates any of no 
sound or a no-sound portion, a transient portion, a weak 
steady portion of a voiced sound, and a steady portion 
of a voiced sound, and is determined by the intensity of 
the basic period of the speech in each frame. Therefore, 
the mode information M can be considered to corre- 
spond to the speech short-time characteristics informa- 
tion SR 

Namely, as explained in detail in "Reference 2" and 
"Reference 5" quoted hereinbefore and as can be seen 
from the descriptions made hereinbefore with reference 
to Fig. 1 and Fig. 4, the weak steady portion of the 
voiced sound and the steady portion of the voiced 
sound in the mode information can be deemed to corre- 
spond to a vowel period in the speech short-time char- 



acteristics, and the transient portion in the mode 
information can be deemed to correspond to a voiced 
consonant period in the speech short-time characteris- 
tics. Furthermore, the no-sound portion in the mode 
5 information can be deemed to correspond to a voiceless 
consonant period in the speech short-time characteris- 
tics. 

Accordingly, since the speech coded information 
IDX outputted from the speech coder 1 is supplied as 

10 the input speech signal Vin, and on the other hand, 
since the speech coded information IDX is decoded to a 
decoded speech signal \/obc speech decoder 2, 

when the speech-rate converting processing is con- 
ducted to the decoded speech signal Vqec. delay 

15 information AC included in the speech coded informa- 
tion IDX outputted from the speech coder 1 is used as 
the pitch information, the speech-rate converter 3 is no 
longer required to newly calculate the pitch information 
by the autocorrelation method. 

20 In addition, if the switching -over of the speech sig- 
nal processing in the speech-rate converting processing 
is carried out by using the mode information M included 
in the speech coded information IDX. a processing 
means such as the speech short-time characteristics 

25 discriminator 34 as shown in Fig. 4 for obtaining the 
speech short-time characteristics, is no longer neces- 
sary. 

Furthermore, since the delay information AC and 
the mode information M are obtained by processing an 
30 input speech signal Vin which has not yet been sub- 
jected to the coding processing and the decoding 
processing, it is possible to obtain the output speech 
signal which is more precise than the case in which the 
pitch information and the speech short-time characteris- 
es tics are obtained by processing the decoded speech 
signal Vq^c a^er the coding processing and the decod- 
ing processing. Therefore, if both the delay information 
AC and the mode information M included in the speech 
coded information IDX are used in the speech-rate con- 
40 verier 3. the speech-rate converting processing can be 
conducted to the decoded speech signal Vqec while 
minimizing the necessary amount of computation and 
the deterioration of the sound quality. 

In the above explanation, both the delay information 
45 AC and the mode information M have been utilized in 
order to minimize the necessary amount of computation 
and the deterioration of the sound quality. However, 
even if only one the delay information AC and the mode 
information M is utilized, it is possible to reduce the nec- 
50 essary amount of computation and the deterioration of 
the sound quality, in comparison with the prior art exam- 
ple, as will be described hereinafter. 

In the above embodiment, the signal input unit 31 is 
provided in the speech-rate converter 3 to extract the 
55 delay information AC and the mode information M from 
the speech coded information IDX. However, if the 
speech-rate converter is located adjacent to the speech 
decoder, the speech-rate converter 3 can be connected 
to directly fetch the output of the signal input unit of the 
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speech decoder. In this case, since Ihe speech-rate 
converter is no longer required to receive the speech 
coded information IDX, and therefore, since the signal 
input unit 31 becomes unnecessary, the speech-rate 
converter is so modified that, as shown in Fig. 9. the sig- 
nal input unit 31 is omitted, arxl the waveform editor 32 
receives the delay information AC and the mode infor- 
mation M directly from the speech decoder 2. more spe- 
cifically, directly from the signal input unit 21 (in Fig. 2) 
of the speech decoder. 

Incidentally, as can be well understood to persons 
skilled in the art, the speech coding and decoding 
scheme is not necessarily limited to the M-LCELP 
scheme, and any other speech coding-decoding 
scheme such as a multipulse scheme, can be used if it 
can generate the speech coded information including 
information corresponding to the pitch information or the 
mode information. In addition, the present invention can 
be applied to any other speech- rate converting scheme, 
if it utilizes information corresponding to the pitch infor- 
mation or the mode information. Furthermore, the 
speech short-time characteristic information or the 
mode information can be classified in various manners, 
for example, into a voiceless sound and a voiced sound, 
dependently upon applications. 

Now, a second embodiment of the speech repro- 
ducing system in accordance with the present invention 
will be desaibed with reference to Fig. 7. In Fig. 7, ele- 
ments similar to those shown in Figs. 4 and 6 are given 
the same Reference Numerals, and therefore, explana- 
tion thereof will be omitted for simplification of the 
description. 

The shown second embodiment includes the 
speech coder 1 which is the same as the speech coder 
10 shown in Fig. 1. the speech decoder 2 which Is the 
same as the speech coder 20 shown in Fig. 2. and a 
speech-rate converter 301. 

The speech-rate converter 301 includes a signal 
input unit 31 A, the waveform editor 32 and a speech 
short-time characteristics discriminator 34. The signal 
Input unit 31 A receives the speech coded information 
IDX from the speech coder 1 and extracts the delay 
information AC from the speech coded information IDX 
to supply the delay information AC as the pitch informa- 
tion T to the waveform editor 32. The waveform editor 
32 and the speech short-time characteristics discrimi- 
nator 34 are the same as those shown in Fig. 4, and 
therefore, explanation thereof will be omitted for simpli- 
fication of the description. 

In this second embodiment, the speech-rate con- 
verter 301 includes the signal input unit 31 A, in place of 
the pitch extractor 33 shown in Fig. 4. and the signal 
input unit 31 A supplies the delay information AC to the 
waveform editor 32. in place of the pitch information T 
Therefore, the second embodiment can reduce the 
amount of computation and the deterioration of the pre- 
cision by the amount corresponding to the pitch extrac- 
tor 33 shown in Fig. 4. 

Next, a third embodiment of the speech reproduc- 



ing system in accordance with the present invention will 
be described with reference to Fig. 8. In Fig. 8. elements 
similar to those shown in Figs. 4. 6 and 7 are given the 
same Reference Numerals, and therefore, explanation 
5 thereof will be omitted for simplification of the descrip- 
tion. 

The shown third embodiment includes the speech 
coder 1 which is the same as the speech coder 10 
shown in Fig. 1, the speech decoder 2 which is the 

10 same as the speech coder 20 shown in Fig. 2, and a 
speech-rate converter 302. 

The speech-rate converter 302 includes a signal 
input unit 31 B, the waveform editor 32 and a pitch 
extractor 33. The signal Input unit 31 B receives the 

75 speech coded information IDX from the speech coder 1 
and extracts the mode information M from the speech 
coded information IDX to supply the mode information 
M as the speech short-time characteristics information 
SP to the waveform editor 32. This waveform editor 32 

20 and the pitch extractor 33 are the same as those shov^ 
in Fig. 4, and therefore, explanation thereof will be omit- 
ted for simplification of the description. 

In this third embodiment, the speech-rate converter 
301 includes the signal input unit 31 B. in place of the 

25 speech short-time characteristics discriminator 34 
shown in Fig. 4. and the signal input unit 31 A supplies 
the mode information M to the waveform editor 32. in 
place of the speech short-time characteristics informa- 
tion SP. Therefore, the third embodiment can reduce the 

30 amount of computation and the deterioration of the pre- 
cision by the amount corresponding to the speech 
short-time characteristics discriminator 34 shown in Fig. 
4. 

As seen from the above, the first embodiment 
35 shown in Fig. 6 can be said to be capable of reducing 
the amount of computation and the deterioration of the 
precision by the amount corresponding to the pitch 
extractor 33 and the speech short-time characteristics 
discriminator 34 shown in Fig. 4. 
40 The invention has thus been shown and described 
wflth reference to the specific embodiments. However, it 
should be noted that the present invention Is in no way 
limited to the details of the illustrated structures but 
changes and modifications may be made within the 
45 scope of the appended claims. 

Claims 

1 . A speech reproducing system comprising a speech 
so coder receiving an input speech signal to output a 
speech coded information including a pitch informa- 
tion of the input speech signal, a speech decoder 
receiving and decoding the speech coded informa- 
tion to generate a decoded speech signal, and a 
55 speech- rate converter receiving the pitch informa- 
tion included in the speech coded information and 
the decoded speech signal to convert the speech- 
rate of the decoded speech signal, by using the 
pitch information, thereby to generate an output 
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speech signal. 

2. A speech reproducing system comprising a speech 
coder receiving an input speech signal to output a • 
speech coded information including a mode infor- 5 

mation indicative of a short-time characteristics of [, 
the input speech signal, a speech decoder receiv- 
ing and decoding the speech coded information to 
generate a decoded speech signal, and a speech* . , - 

rate converter receiving the mode information io 
included in the speech coded information and the ! * « 

decoded speech signal to convert the speech-rate.. . 
of the decoded speech signal by using the mode 
information, thereby to generate an' output speech 
signal. 1 • is 

i I •^' 

3. A speech reproducing system comprising a speech 
coder receiving an input speech signal to output a 
speech coded information including a pitch informa- 
tion of the input speech signal and a mode informa- 20 
tion indicative of a short-time characteristics of the 
input speech signal;, a. speech decoder receiving i 
and decoding the speech'coded information to gen- ^ 
erate a decoded speech signal, and a speech^ate ! 
converter receiving the pitch information and the 2S \ 

mode information iricluded I in the' ;speech 'coded ;• 
information !and the decoded speech signal to' con- 
vert the speech-rate of the decoded, speech;signal * 
by using the prtch iriformation and the mcxJe info^^^ . ! ' 

mation. thereby to generate an output speech sig- so < 
nal. , ' *■ ; 
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Fig. 8 
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